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(7) ABSTRACT

A small-sized audio signal reproducing apparatus for hear-
ing reproduced audio signals with the aid of a headphone is
disclosed. Digitized and compression encoded audio signals,
stored in a semiconductor memory, are read out so as to
undergo a decoding operation, which is an inverse operation
to compression encoding, to reproduce the audio signals,
and the reproduced signals are heard by the headphone. The
apparatus may be significantly reduced in size and weight as
compared to the apparatus in which a tape or a disk is used

5,640,458. as the recording medium.
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AUDIO SIGNAL REPRODUCING APPARATUS

BACKGROUND OF THE INVENTION
[0001] 1. Field of the Invention

[0002] This invention relates to an audio signal reproduc-
ing apparatus and, more particularly, to a small sized audio
signal reproducing apparatus in which reproduced audio
signals may be heard by a headphone.

[0003] 2. Description of the Prior Art

[0004] Recently, a small sized audio signal reproducing
apparatus, in which audio signals may be heard by a
headphone, has become popular to provide for a more
extensive range of appreciation of music or the like.

[0005] With the small sized audio signal reproducing
apparatus for hearing the reproduced audio signals with a
headphone, there is a demand for further reduction in size
and weight since such reduction possibly leads to more
widespread use and mode of application.

[0006] However, with the above described small sized
audio signal reproducing apparatus, magnetic tapes or opti-
cal disks, such as, for example, compact disks, are used as
the signal recording media, so that the apparatus in its
entirety cannot be reduced in size beyond the size of these
recording media. On the other hand, since the mechanical
parts for driving the recording media are necessitated, the
operational reliability may be lowered due to wear or
damage to movable parts. The playback operation may also
be affected by mechanical disturbances, such as vibrations.
In addition, there is a limit to reduction in size and weight
due to the use of an electrical motor or a plunger.

[0007] Recently, with the progress in the technique of high
efficiency compression encoding of audio-signals, high-
fidelity playback sounds may now be produced even at the
rate of the order of, for example, 64 kb per second per
channel. Among the techniques for such high efficiency
compression encoding, there are a sub-band coding (SBC) in
which audio signals on the time axis are divided into a
plurality of frequency bands prior to encoding; an adaptive
transform encoding (ATC) in which signals on the time axis
are converted by orthogonal transform into signals on the
frequency axis which are then divided into a plurality of
frequency bands, and adaptive encoding is performed in
each of these frequency bands; and an adaptive bit allocation
(APC-AB), which is a combination of the above described
SBC and an adaptive predictive encoding (APC) and which
consists in dividing the signals on the time axis into a
plurality of bands, converting the band signals into base-
band signals or low-frequency signals and performing plural
order linear predictive analyses for predictive encoding.

[0008] For compression encoding of audio signals on the
left and right stereo channels, it has now become possible to
transmit high fidelity stereo audio signals at the transmission
rate in the order of 64 kb per second per channel through the
use of the correlation between the left and right stereo signal
or the use of codes of unequal lengths.

OBJECT AND SUMMARY OF THE INVENTION

[0009] Tt is therefore an object of the present invention to
provide a headphone type ultra small size audio signal
reproducing apparatus in which high quality audio signal
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reproduction may be achieved with the small data volume
through the use of high efficiency compression encoding and
a semiconductor memory as a signal recording or storage
medium.

[0010] For accomplishing the above object, the present
invention provides a headphone type audio signal reproduc-
ing apparatus comprising a semiconductor memory for
storing digitized and high efficiency compression encoded
audio signals, a decoder for reading out data stored in said
semiconductor memory and decoding the read-out data, by
way of performing an operation which is an inversion of
compression encoding, a digital/analog converter for con-
verting output signals from said decoder into analog signals,
and a headphone unit for converting output signals from said
digital/analog converter into acoustic signals.

[0011] As a typical example of the high efficiency com-
pression encoding operation, input signal signals are divided
into a plurality of frequency bands so that the bandwidths
will be broader for progressively higher frequency bands,
the allowable noise level is set on the band-by-band basis in
accordance with the energy of each band and the compo-
nents of each band are quantized with the number of bits
corresponding to the level of the difference between the
energy of each band and the preset allowable noise level. In
presetting the allowable noise level, the allowable noise
level is set so as to be higher for the same energy for
progressively higher frequencies for minimizing the degra-
dation in the sound quality and reducing the bit rate. In this
manner, the requirements for satisfactorily reproducing
audio signals with the use of semiconductor memories, that
is, the requirements for reproducing so-called high fidelity
level audio signals for at least several minutes, may be
satisfied.

[0012] With the reproducing apparatus of the present
invention, which makes use of the semiconductor memory
as the signal recording medium, to reduce the size and
weight of the apparatus drastically so compared to the
reproducing apparatus which makes use of the magnetic tape
or optical disk as the recording medium.

[0013] That is, since the semiconductor memory is used as
the recording medium for high efficiency encoded audio
data, not only may the main body of the reproducing
apparatus be reduced in size and weight, but the movable
parts, such as are necessitated in the conventional reproduc-
ing apparatus in which disks or tapes used as recording
medium are driven mechanically for reproducing the audio
signals, may be eliminated, so that the apparatus superior in
service life or in durability may be obtained.

[0014] In addition, the masking level is raised for higher
frequencies during data compression to reduce the number
of bits allocated at the time of quantization to realize the bit
allocation suited to the human auditory sense. Thus the
degradation in the sound quality may be minimized with the
use of a lesser number of bits or a lower bit rate so that the
audio signal reproduction may be made satisfactorily with
the use of the semiconductor memory chips.

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] FIG. 1 is a schematic block diagram showing an
embodiment of an audio signal reproducing apparatus
according to the present invention.
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[0016] FIG. 2 is a perspective view showing a typical
headphone device employed in the audio signal reproducing
apparatus shown in FIG. 1.

[0017] FIG. 3 is a block circuit diagram showing a typical
high efficiency compression encoding circuit adapted for
generating audio data stored in a semiconductor memory.

[0018] FIG. 4 is a diagrammatic view showing the critical
bands.

[0019] FIG. 5 is a diagrammatic view showing the Burke
spectrum.

[0020]

[0021] FIG. 7 is a diagrammatic view showing the mask-
ing spectrum.

FIG. 6 is a circuit diagram showing a filter circuit.

[0022] FIG. 8 is a diagrammatic view showing the mini-
mum audible curve and the masking spectrum synthesized
together.

[0023] FIG. 9 is a perspective view showing a modifica-
tion of a headphone device employed in the audio signal
reproducing apparatus according to the present invention.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

[0024] By referring to the drawings, a preferred embodi-
ment of the present invention will be explained in detail.

[0025] An audio signal reproducing apparatus according
to an embodiment of the present invention and the periphery
thereof are shown in a block circuit diagram of FIG. 1.

[0026] In this figure, audio data which have been pro-
cessed by high efficiency compression encoding are stored
in a semiconductor memory 41 of an audio signal reproduc-
ing circuit section 40. That is, the data stored in semicon-
ductor memory 41 are obtained in such a manner that audio
signals are supplied to input terminal 31 and are converted
in an analog/digital (A/D) converter 32 into digital signals,
these digital signals being then processed in an encoder 33
by high efficiency compression encoding. The data read out
from semiconductor memory 41 are supplied to a decoder
42, where they undergo a decoding operation which is an
inversion of the above mentioned compression encoding
operation. These decoded signals are then supplied to a
digital/analog (D/A) converter 43 where they are converted
into analog signals, which are then transmitted to a head-
phone unit 44 so as to be converted into acoustic signals.

[0027] In FIG. 2, a head device 5 as a specific example of
the headphone unit 44, inclusive of associated parts, is
shown. The headphone device 50 is constituted by a band
51, band length adjustment members 521, 52R, connected to
both ends of the band 51, headphone driven units 531, 53R
connected to these adjustment members 521, 52R by means
of connectors and ear pads 541, 54R mounted on the driver
units 531, 53R.

[0028] The circuitry for an audio signal reproducing appa-
ratus is built in the inside of the band length adjustment
members 521, 52R. That is, a memory chip 56 associated
with the semiconductor memory 41 is accommodated in the
band length adjustment member 521.. This memory chip 56
may be formed as an article of commerce, using, for
example, a mask ROM, and put on the market as exchange-
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able music software goods. In the interior of the other band
length adjustment member 52R, there are provided a circuit
unit 57 including the decoder 42 and the D/A converter 43
and a so-called button battery or re-chargeable battery 58
which may be used as an electrical power source.

[0029] Referring to FIG. 3, a more specific example of
high efficiency compression encoding for obtaining audio
data stored in the semiconductor memory 41 of the audio
signal reproducing apparatus of the present embodiment,
will be explained.

[0030] Among the high efficiency compression encoding
techniques, there are a sub-band encoding (SBC), adaptive
transform encoding (ATC) or adaptive bit allocation (APC-
AB). With the specific example shown in FIG. 3, an
arrangement for improving the compression efficiency fur-
ther is used.

[0031] With the specific example of the compression
encoding unit, shown in FIG. 3, the digitized audio signals
is divided into plural frequency bands which will have
broader bandwidths towards the side of progressively higher
frequencies. For example, the input digital signal is divided
into plural frequency bands in accordance with the so-called
critical bands or bandwidths, which take human auditory
characteristics into consideration, as will be explained sub-
sequently. On the other hand, referring to FIG. 3, there are
provided a sum detection circuit 14 and a filter circuit 15 as
noise level setting means for setting the allowable noise
level on the band-by-band basis in accordance with the
energy value, peak value or the mean value) of each critical
band, and a quantization circuit 24 for quantizing the band
components by the numbers of bits allocated in accordance
with the level of the difference between the signal energy
level of each band and the level set by the noise level setting
means. The noise level setting means is so constructed that
the allowable noise level will be set to a progressively higher
level for the same energy towards the side of the higher
frequency critical bands to this end, the system of FIG. 3 is
so constructed that an allowance function for setting the
allowable noise level in an allowance function generator 29
controlled by an allowance function control circuit 28, as
will be described subsequently, and the allowable noise level
is set on the basis of this allowance function. The quantized
output from quantizer 24 is subsequently outputted at an
output terminal 2 of the encoder of the present embodiment
by way of a buffer memory 25.

[0032] The high efficiency compression encoding system
shown in FIG. 3 is constructed in accordance with the
so-called adaptive transform encoding (ATC) wherein the
audio signals are processed by fast Fourier transform (FFT)
for conversion of the signal on the time axis into that on the
frequency axis, followed by encoding or requantization. In
the specific example shown in FIG. 3, bit rate adjustment or
so-called bit packing is performed for maintaining a constant
bit rate per frame over a predetermined time period.

[0033] That is, referring to FIG. 3, audio signals, for
example, are supplied to input terminal 1. The audio signals
on the time axis are transmitted to a fast Fourier transform
circuit 11 where the audio signals on the time axis are
converted into signals on the frequency axis at a predeter-
mined time period or at each frame to produce FFT coeffi-
cients each consisting of a real number component value Re
and an imaginary number component value Im. These FFT
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coefficients are transmitted to an amplitude phase informa-
tion generator 12, where an amplitude value Am and a phase
value are produced from the real number component Re and
the imaginary number component Im. Of these amplitude
and phase values, only the data of the amplitude value Am
is taken out as output from the amplitude phase information
generator 12, since the human auditory sense in general is
sensitive to the amplitude or power, but is rather insensitive
to the phase, in the frequency domain.

[0034] The so-produced input digital data, such as the
amplitude value Am, is transmitted to a band division circuit
13, where the input digital data expressed by the amplitude
value data Am are divided into a plurality of so-called
critical bands. With the “critical bands”, the human auditory
characteristics or frequency analysis capability are taken
into account in such a manner that the frequency of 0 to 10
kHz is divided into 24 bands, or the frequency of 0 to 32 kHz
is divided into 25 bands, so that progressively broader
bandwidths are allocated towards the side of the higher
frequencies. More specifically, the human auditory sense has
characteristics comparable to those of bandpass filters with
each band delimited by each bandpass filter being termed a
critical band. FIG. 4 shows such critical bands wherein, for
simplicity sake, these bands are expressed by 12 bands B, to
B...

[0035] The amplitude values Am for each of, for example,
24 or 25 critical bands, obtained by band division at the band
division circuit 13, are transmitted to the sum detection
circuit 14, where the energy or spectral intensity of each
band is found by taking the sum of the amplitude values Am
in each band or, alternatively by taking the peak or mean
value of the amplitude values Am or the sum total of the
signal energies. The output of the sum detection circuit 14,
that is the spectrum of the sum of the amplitudes, for
example, of each bands, is generally termed the Burke
spectrum. FIG. 5 shows, as an example, the Burke spectrum
SB for each of the bands B, to B,,.

[0036] Inorder to take the effect of the Burke spectrum SB
on masking into account, predetermined weighting functions
are convolved into the Burke spectrum SB (convolution). To
this effect, the output of the sum detection circuit 14, that is
the respective values of the Burke spectrum SB, are trans-
mitted to filter circuit 15. As shown in FIG. 6, the filter
circuit 15 is constituted by delay devices (z™%) 101, _, to
101 for sequentially delaying input digital sample data,
mi3

multipliers 1025 to 102, .5 for multiplying the outputs
from delay devices 101, _, to 101, ; by filter or weighting
coefficients, and a sum circuit 104. The convolving opera-
tion for the Burke spectrum SB is performed by multiplying
the outputs of the delay devices by filter coefficients
0.0000086, 0.0019, 0.15, 1, 0.4, 0.06 and 0.007 at the
multipliers 102 5, 102,102 ., 102,102 ., 102 .,
and 102_ , 5, respectively. The sum total of the Burke spec-
trum for each band and the influence from adjacent bands
indicated by broken lines shown in FIG. 5 is taken by this
convolving operation.

[0037] 1t will be noted that, if a level o, corresponding to
an allowable noise level for computing the masking spec-
trum, or an allowable noise spectrum, of the Burke spectrum
SB, is low, the masking spectrum or the masking curve
descends, with the result that the number of bits allocated at
the time of quantization at the quantizer 24 has to be
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increased. Conversely, if the level o is high, the masking
level ascends, with the result that the number of bits allo-
cated at the time of quantization may be decreased. Mean-
while, the level a corresponding to the allowable noise level
is such a level as will prove to be the allowable noise level
for each critical band as a result of the deconvolution
operation, as will be explained subsequently. In general, in
audio or the like signals, the spectral intensity or energy is
low at higher frequencies. Hence, in the present embodi-
ment, the above is taken into consideration in such a manner
that the level o is increased towards the higher frequencies
with lesser energy values and the number of the allocated
bits is decreased towards the higher frequencies. Thus the
noise level setting means is so constructed that the level
is set to progressively higher values towards the side of the
higher frequency for the same energy value.

[0038] That is, in the present embodiment, the level a
corresponding to the above mentioned allowable noise level
is computed and controlled to be higher towards the side of
the higher frequencies. To this end, the output of the filter
circuit 15 is transmitted to a subtractor 16 which is designed
to find the level o in the convolved region. To the subtractor
16 is supplied the allowance function (the function express-
ing the masking level) for finding the level a. The level o
may be controlled by increasing or decreasing the allowance
function. This allowance function is supplied from a func-
tion generator 29 controlled by a function controller which
will be explained subsequently.

[0039] That is, the level a, corresponding to the allowable
noise level, is given by the formula (1)

a=5-(n-ai) @
[0040] where i is the number afforded to the critical bands

in the order of the increasing frequencies of the critical
bands.

[0041] In this formula (1), n and a are constants, with a>0,
and S is the intensity of the Burke spectrum following the
convolution. In the formula (1), (n-ai) represents the allow-
ance function. Since it is more preferred to decrease the
number of bits allocated to a higher frequency band with a
correspondingly lesser energy value to reduce the number of
bits in their entirety, the values of n and a are set in the
present embodiment to 38 and 1, respectively (n=38 and
a=1) for which satisfactory encoding may be achieved
without deterioration in the sound quality.

[0042] The level o, found as described above, is transmit-
ted to a divider 17, which is designed for deconvolving the
level o in the convolved region. Thus the masking spectrum
may be found from the level o by such deconvolving
operation. That is, this masking spectrum represents the
allowable noise spectrum. Although o complicated opera-
tion is necessitated for such deconvolving operation, the
deconvolving operation is performed with the present
embodiment by using the simplified divider 17.

[0043] The masking spectrum is transmitted via a synthe-
sis circuit 18 to a subtractor 19, to which the output from the
sum detection circuit 14, that is the Burke spectrum SB from
the sum detection circuit 14, is supplied by means of a delay
circuit 21. Thus the masking spectrum is subtracted at the
subtractor 19 from the Burke spectrum SB, so that, as shown
in FIG. 7, the Burke spectrum SB is masked at lower than
a level indicated by the respective levels of the masking
spectrum MS.
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[0044] The output of the subtractor 19 is supplied to
quantizer 24 by means of a ROM 20. In the quantizer 24, the
amplitude value Am supplied thereto by means of a delay
circuit 23 is quantized with the number of bits allocated in
accordance with the output of the subtractor 19. In other
words, the components of each critical band are quantized in
the quantizer 24 with the number of bits which is allocated
in accordance with the level of the difference between the
energy of each critical band and the level of the output of the
noise level setting means. The delay circuit 21 is designed
for delaying the Burke spectrum SB from the sum detection
circuit 14 in consideration of the delay caused in each circuit
component upstream of the synthesis circuit 18, whereas the
delay circuit 23 is designed for delaying the amplitude value
Am in consideration of the delay caused in each circuit
component upstream of the ROM 20. This ROM is provided
for transient storage of the output of the subtractor 19 at a
predetermined time interval during quantization for subse-
quent readout to quantizer 24.

[0045] 1t will be noted that the synthesis in the above
mentioned synthesis circuit 18 is performed for synthesizing
or combining the data for a so-called minimum audible
curve or equal loudness curve RC, characteristic of the
human auditory sense, supplied from a minimum audible
curve generator 22, as shown in FIG. 8, with the above
mentioned masking spectrum MS. By combining the mini-
mum audible curve RC with the masking spectrum MS in
this manner, the allowable noise level may be set up to the
upper limit of the hatched line zone in FIG. 8, so that it
becomes possible to reduce the number of bits for the
hatched line zone in FIG. 8 at the time of quantization.
Meanwhile, critical bands, similar to those shown in FIG. 4,
are shown in FIG. 8, along-with the signal spectrum SS.

[0046] The data from the buffer memory 25 are transmit-
ted to a data volume operating circuit 26 to find a data
volume which is then transmitted to a comparator 27. In the
comparator, the data volume is compared to a desired value
of the number of bits per frame supplied from terminal 3 for
bit rate adjustment. The result of comparison is transmitted
to the above mentioned function controller 28. This function
controller 28 controls the function generator 29 to compute
the allowance function to find the level a supplied to the
subtractor 16. With changes in this allowance function, the
masking spectrum MS of FIG. 8 is variable controlled in
level. More specifically, the number of allocated bits may be
increased or decreased in their entirety by parallel displace-
ment of the masking spectrum MS in the direction of the
signal level, that is, vertically in FIG. 8, with the number of
bits transmitted during a predetermined time interval
remaining constant. In this manner, the function generator
29 generates not only the allowance function for finding the
level a but also the function for bit rate adjustment.

[0047] With the above described high efficiency compres-
sion encoding apparatus of the present embodiment, the
allowable noise level is increased towards the side of the
higher frequencies with lower energy values to decrease the
number of bits allocated for the side of the higher frequen-
cies, so that it becomes possible to reduce the number of bits
allocated for quantization.

[0048] 1t will be noted that, in the present embodiment, the
above mentioned bit rate adjustment and/or the minimum
audible curve synthesis may be eliminated. That is, if the bit
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rate adjustment is to be eliminated, the data volume oper-
ating circuit 26, comparator 27 and the function controller
28 are eliminated and the allowance function from function
generator 29 is fixed to, for example, (38-i). If the minimum
audible curve is not synthesized, the minimum curve gen-
erator 22 and the synthesis circuit 18 are eliminated, so that
the output from subtractor 16 is supplied directly to sub-
tractor, 19 after deconvolution at the divider 17.

[0049] With the above described high efficiency compres-
sion encoding, high fidelity audio signals may be transmitted
at, for example, 64 kbps per channel, so that audio data about
4 minutes or longer may be stored in, for example, a 16 M
bit make ROM chip. If four of such mask ROM chips are
arranged as a package, music software goods with a play-
back time of about 17 minutes may be provided as an article
of commerce. Although the playback time may be substan-
tially halved for a stereophonic sound source, the number of
bits per channel may be reduced further by taking advantage
of the correlation between the left and right channels, so that,
by packaging four 16 M bit ROMs, a playback time of about
ten and several minute may be realized. In view of the
tendency towards a higher integration degree of semicon-
ductor memories, mask ROMSs with 128 M bits or 256 M bits
would be commercially available in a not distant future.
Since further improvement in the high efficiency encoding
technique can be reckoned, it would be possible to transmit
high quality high fidelity audio signals at 64 kbps per
stereo-channel and to provide a one-chip audio signal soft-
ware article with a playback time of 33 or 66 minutes.

[0050] 1t will be noted that the audio signal reproducing
apparatus according to the present invention may be applied
not only to the usual headphone device shown in FIG. 2, but
to a headphone device 60 in which the headphone driver
units are exposed to outside, as shown for example in FIG.
9. With the headphone device 60, shown in FIG. 9, the
headphone driven unit 611, 61R are directly attached in the
users’ ears, and a main body of the playback circuit section
63 is connected to these driver units 611, 61R by means of
a signal transmission cord 62. The semiconductor memory
41, decoder 42, D/A converter 43 and batteries as the power
source, shown in FIG. 1 are accommodated in the main
body of the playback circuit section 63. On the other hand,
an operational mode selector circuit 64 for controlling the
playback operation and a volume dial 65 are provided on the
outer surface of the main body of the playback circuit
section 63, which may be implemented with the size and the
shape of, for example, a pendant.

[0051] The present invention is not limited to the above
described embodiment. For example, an audio signal repro-
ducing apparatus may be constituted by circuit elements
including and downstream of the semiconductor memory 41
in FIG. 1 or may additionally include the A/D converter 32
and the encoder 33. The playback circuit section or the
batteries may also be accommodated in a thickened head-
phone band or in a headphone driver unit. The high effi-
ciency compression encoding may be implemented by, for
example, sub-band encoding, instead of by adaptive trans-
form encoding as described in the foregoing embodiment. If
such sub-band encoding technique is used, the signal may be
divided by, for example, band-pass filters, into a plurality of
frequency bands, and the allowable noise level may be set so
as to be progressively higher towards the side of the higher
frequencies for the same energy level.
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What is claimed is:
1. A headphone type audio signal reproducing apparatus
comprising

a semiconductor memory for storing digitized and high
efficiency compression encoded audio signals,

a decoder for reading out data stored in said semiconduc-
tor memory and decoding the read-out data, by way of
performing an operation which is an inversion of
compression encoding,

a digital/analog converter for converting output signals
from said decoder into analog signals, and

a headphone unit for converting output signals from said
digital/analog converter into acoustic signals.
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2. The audio signal reproducing apparatus according to
claim 1 wherein the operation of compression encoding
comprises dividing input digital signals into a plurality of
frequency bands, so that the bandwidths of the bands will
become broader for progressively higher frequency bands,
setting the allowable noise level on the band-by-band basis
in accordance with the energy of each frequency band and
quantizing the components of each band with the number of
bits corresponding to the level of a difference between the
energy of each band and the preset allowable noise level.

3. The audio signal reproducing apparatus according to
claim 2 wherein the preset allowable noise level is set so as
to be higher for the same energy for progressively higher
frequencies.



